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SPECIFICATION 



TELECOMMUNICATIONS SYSTEM INCLUDING LIVE OPERATORS 



Field of the Invention 

Methods and apparatus are provided for effecting telephonic 
5 communication. More specifically, the inventions relate to methods and apparatus 
for providing inbound telephonic call centers. 

Background of the Invention 

Telephone call processing and switching systems of many types are known 
in the art. Such systems are used in telemarketing operations, telephone-based 

10 information systems, financial and insurance service operations, and public service 
centers, to name but a few examples. Automated or semi-automated call centers 
are examples of such systems, including functional features such as automatic call 
distributors (ACD), interactive voice response (IVR or VRU) systems, and 
coordinated voice and data delivery. 

1 5 For example, telemarketing is a well-known form of remote commerce, that 

is, commerce wherein the person making the sale or taking the sales data is not in 
the actual physical presence of the potential purchaser or customer. In general 
operation, a prospective purchaser typically calls a toll-free telephone number, 
such as an 800 number. The number dialed is determined by the carrier as being 
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associated with the telemarketer, and the call is delivered to the telemarketer's call 
center. A typical call center will have a front end with one or more VRU units, 
call switching equipment, an ACD, and several work stations having a telephone 
and computer terminal at which a live operator processes the call. Tbe dialed 
5 number, typically taken automatically from the carrier (long distance) through use 
of the dialed number identification service (DNIS), is utilized to effect a database 
access resulting in a "screen pop" of a script on the operator's computer terminal, 
utilizing a computer telephone integration (CTI) network. In this way, when a 
%y prospective purchaser calls a given telephone number, a telemarketing operator 

£0 

J 10 may immediately respond with a script keyed to the goods or services offered. 
'fl The response may be at various levels of specificity, ranging from a proffer of a 

~" single product, e.g., a particular audio recording, or may be for various categories 

O of goods or services, e.g., where the dialed number is responded to on behalf of 

^ an entire supplier. Typically, the prospective purchaser is responding to an 

" 1 5 advertisement or other solicitation, such as a mail order catalog or the like, from 

which the telephone number is obtained. 

The use of telephonic systems to effect commercial transactions is now well 

known. For example, in Katz U.S. Patent No. 4,792,968, filed February 24, 1987, 

and issued December 20, 1988, entitled "Statistical Analysis System for Use With 
20 Public Communication Facility", an interactive telephone system for 

merchandising is disclosed. In one aspect of the disclosure, a caller may interact 
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with an interactive voice response (IVR or VRU) system to effectuate a commercial 
transaction. For example, the caller may be prompted to identify themselves, such 
as through entry of a customer number as it may appear on a mail order catalog. 
In an interactive manner, the caller may be prompted to enter an item number for 
5 purchase, utilizing an item number designation from the catalog or otherwise 

interact with the system to identify the good or service desired. Provision is made 
for user entry of payment information, such as the entry of a credit card number 
and type identifier, e.g., VISA, American Express, etc. Options are provided for 
voice recording of certain information, such as name, address, etc., which is 

10 recorded for later processing, or in certain modes of operation, connecting the 
customer to a live operator for assistance. 

More recent applications for electronic commerce are described in Katz 
PCT Publication No. WO94/21084 , entitled "Interactive System for Telephone 
and Video Communication Including Capabilities for Remote Monitoring", 

1 5 published September 1 5, 1 994. In certain aspects, the application provides 
systems and methods for conduct of electronic commerce over communication 
networks, such as through the accessing of such resources via an on-line computer 
service, wherein the commercial transaction may be effected including some or all 
of dynamic video, audio and text data. Optionally, the system contemplates the 

20 interchange of electronic commerce commercial data, e.g., electronic data 
interchange (EDI) data, where on-line computer services are used by at least 
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certain of the potential purchasers to interface the system, such as is used to access 
the Internet. 

One example of a telecommunications system is a call center. While not 
conceded to be prior art, one embodiment of a call center system is shown in 
5 United States Patent No. 6,01 1,844 to Uppaluru et al. Toll-free calls are 

intercepted at or near their points of origin by a point-of-presence (POP) call center 
gateway, and connected to a business call center just as an operator picks up a 
proxy call initiated at the business call center. To be effective, the system requires 
a large number of the described POP call center gateways. The system is also 
10 limited to 800 number calls reliant upon the Service Management Systeem/800 
(SMS/800) routing capability, and it does not eliminate the need to have a fully 
equipped business call center in communication with the POP call center 
gateways. 

One disadvantage of the call centers known to the art is the capital expense 
15 involved in setting up and maintaining such call centers. Call centers typically 
require multiple VRU units, call switches, automatic call distributors, agent 
workstations, and the like. This equipment is relatively expensive to purchase and 
maintain. A further disadvantage of the known call centers is their underuse. A 
typical call center will have periods of time of peak use, and other periods of 
20 underuse. As a result, staffing of the call center is a challenge, and much of the 
equipment is left unused or underused for extended periods of time. 
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Asynchronous Transfer Mode (ATM) is a broadband technology that has 
been applied to telecommunications systems in certain limited applications. For 
example, while again not conceded to be prior art, in United States Patent No. 
6,1 1 5,380 to Christie et al., a system is disclosed for providing virtual connections 
5 through an ATM interworking multiplexer on a call-by-call basis. The patent does 
not describe, however, methods or apparatus for applying ATM technology and 
capabilities to a telecommunications system on a large scale, such as may be 
required for a telemarketing call center or systems requiring higher call volume. 

10 Summary of the Invention 

Apparatus and methods are provided for effecting telephonic 
communications, such as in inbound telemarketing, electronic commerce, or 
telephone-based information services, which are particularly adapted for use in a 
telecommunications call center environment. The apparatus and methods are 

1 5 preferably scalable, providing the ability to accommodate systems having a small 
number of calls to those having a very large call volume. 

In one aspect, a method for providing a telecommunications system 
includes providing a communications system hub, providing a communications 
system back end at a location different from the system hub, and communicatively 

20 connecting the system hub to the system back end. In a preferred embodiment, 
the communications system hub is provided with equipment, features, and 
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functionality to serve as a call center front end, performing functions such as 
receiving incoming calls, performing automated call processing, switching, and 
routing functions, and delivering the incoming calls to a connectivity member for 
transmission of the calls to the communications system back end. In the preferred 
5 embodiment, the communications system back end is provided with equipment, 
features, and functionality to serve as a call center back end, performing functions 
such as receiving calls from the connectivity member, processing, switching, and 
routing the calls to live operator work stations, and providing services responsive 
to the calls by live operators. 

10 In another aspect, a telecommunications system includes a hub location 

including a call center front end, one or more remote locations each including a, 
call center back end, and a connectivity member for connecting the hub location 
to the one or more remote locations. In this implementation, the one or more 
remote locations are preferably geographically separate from the hub location, 

1 5 such as in different parts of the country, or in different countries, and the 

connectivity member preferably includes an asynchronous transfer mode (ATM) 
based transport network. 

In the preferred embodiment, the hub location has, for example, one or 
more voice response units (VRUs) for initially processing a call received from a 

20 carrier, one or more switches for routing or otherwise processing the call, and one 
or more ATM switches providing the capability for having call signals to be carried 
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by an ATM connectivity member. Each remote location preferably has, for 
example, an ATM switch for receiving the call and re-converting the signal from 
ATM, one or more automatic call distributors (ACDs) for processing and 
distributing the call to a live operator, and one or more live operator workstations 
5 for receiving and processing the call. Each remote location is connected to the 
hub location, preferably by an ATM connectivity member such as a network of 
connection lines and ATM switches provided by a vendor such as AT&T, Sprint, or 
other ATM capable long distance services provider. 

In another aspect, a telecommunications system is provided having the 

10 ability to accommodate incoming calls carried by any call carrier, such as AT&T, 
Sprint, MCI, or others. Further, the telecommunications system is able to 
accommodate any type of incoming calls, including, for example, toll calls, local 
exchange carrier (LEC) calls, long distance calls, 800 number calls, 900 number 
calls, 700 number calls, or others. 

1 5 Several advantages are obtained by providing the one or more remote 

locations at a geographic distance from the hub. For example, a single hub may 
be designed to have sufficient capacity to support several remote locations located 
in several time zones. In this way, the peak hours of operation for the one or more 
remote locations may be staggered, so that the hub may be used at a relatively 

20 constant and consistently higher level than it would be if used for only a single, 
co-located call center back end. In other words, while any given remote location 
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may be at minimal or no use, the hub may be utilized at a relatively higher level 
by one or more of the other remote locations, thereby making the call center more 
efficient. This advantage is further enhanced in the event that remote locations are 
found in different time zones. 
5 Another advantage obtained by having the one or more remote locations 

supported by a single hub is that the remote locations may be placed in 
geographic areas having a more readily available workforce to satisfy the call 
center live operator staffing needs. The remote location may be constructed, for 
example, in a city having a relatively untapped workforce, without having the 

10 need to include the hub-based equipment and functionality at the remote site. 

A still further advantage obtained by having one or more remote locations 
supported by a single hub is that the capital cost of constructing a remote location 
is lower than it would be if the remote location were to include the front end 
equipment provided in the hub. As a result, the hub may be constructed to have a 

15 capacity sufficient to accommodate several remote locations, or it may be more 
easily expanded when necessary, while remote locations may be added as needed 
at lower cost than would otherwise be necessary and with greater speed than 
would otherwise be possible. Similarly, capacity at both the hub and the remote 
locations may be increased more easily than would be possible if the hub 

20 equipment and remote location equipment were necessarily co-located. 
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A still further advantage is that maintenance of the equipment is centralized 
at the hub, and reduced at each remote location, and equipment maintenance is 
therefore more efficient. In particular, the provision of all VRU units at a central 
hub allows more efficient maintenance of those units than would be available if 
5 each remote location included VRU units and other front end call center 

equipment. On the other hand, the fact that the front end call center equipment is 
not maintained at the remote locations means that there is less maintenance 
required in those locations. 

The hub and the remote locations may include additional, or fewer, 

10 features and functionality than those described above for the preferred 

embodiment while still obtaining the benefits of having the hub and remote 
locations at different sites. For example, if additional functionality such as 
advanced speech recognition is preferred to be included in the initial call 
processing function performed by the VRU units in the preferred embodiment, that 

1 5 functionality may be added to the hub and be available to each of the remote 

locations. Alternatively, one or more of the features or functionality described for 
the hub in the preferred embodiment may be bypassed or not provided at all if not 
needed for a given telecommunications system. The inventions described herein 
are not limited to the specific embodiments described, or to the specific 

20 equipment, features, or functionality described for the hub and remote locations of 
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the examples contained herein. These examples are provided to illustrate, but not 
to limit the inventions described herein. 

It is an object of this invention to provide improved telecommunications 
systems and methods. 

It is yet a further object of this invention to provide telecommunications 
systems and methods that improve the efficient use and decrease underuse of the 
equipment contained in automated portions of a call center. 

It is yet a further object of this invention to provide telecommunications 
systems and methods that improve the flexibility and options for staffing 
exemplary implementations, such as call centers. 

It is yet a further object of this invention to provide telecommunications 
systems and methods that provide improved efficiencies in constructing, 
expanding, and maintaining implementations such as call centers. 

Brief Description of the Drawings 

Fig. 1 is a simplified block diagram demonstrating aspects of a 
telecommunications system. 

Fig. 2 is a simplified block diagram showing a call center implementation 
of the described telecommunications system. 

Fig. 3 is a simplified block diagram of the system of Fig. 2 demonstrating an 
example of a systems management and applications feature. 
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Fig. 4 is a simplified block diagram of the system of Fig. 2 demonstrating a 
system backup feature. 

Detailed Description of the Invention 

Fig. 1 shows a hybrid block diagram and flowchart of one implementation 
5 of the system and methods of these inventions. The simplified depiction of Fig. 1 
reflects aspects of an inbound call center implementation, though it will be 
understood that the various structures and functionalities may be extended to. other 
implementations, such as electronic commerce, telephone based information 
services, and the like. The telecommunications system of the invention will 

10 include a central hub 10, one or more remote locations 12A, 12B, 12C, and a 

connectivity member 14 providing telecommunications connectivity between the 
hub and the one or more remote locations. The example depicted in Fig. 1 
includes three remote locations 12A, 12B, 12C, though it is understood that more 
or fewer remote locations are possible. 

15 The hub 10 serves as the initial contact point for the telecommunications 

system with an incoming call. The hub 10 will preferably contain equipment, 
features, and functionality to perform many of the initial call processing and 
routing functions desired to be included in the telecommunications system. For 
example, in the preferred embodiment described below, the hub serves as a call 
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center front end, providing initial call processing, and routing calls to the 
appropriate remote location. 

The remote locations 12A, 12B, 12C serve as destination points for 
incoming calls to the telecommunications system. The remote locations will each 
preferably contain equipment, features, and functionality to perform many or all of 
the call processing functions not able to be performed by the hub. For example, 
in the preferred embodiment described below, each remote location serves as a 
call center back end, providing call receiving, call distribution, and live operator 
functions to the telecommunications system. 

The connectivity member 14 provides telecommunications connectivity 
between the hub and each of the remote locations. Those of ordinary skill in the 
art will recognize that this function may be performed by many different 
implementations, including T1 trunk lines, wide area networks (WAN), voice over 
IP (VoIP) networks, software defined networks (SDN), the public switched 
telephone network (PSTN), asynchronous transfer mode (ATM) networks, or 
wireless communications networks, to name but a few examples. In addition, 
telecommunications connectivity is a rapidly developing field, and future 
technologies may provide alternative implementations suitable for providing the 
functionality required of the described connectivity member. 

Fig. 2 shows a hybrid block diagram and flowchart of a preferred 
embodiment of the telecommunications system in the form of a call center. 
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Although the example described below will frequently refer to a singular call, it 
should be understood that a call center will typically handle a relatively high 
volume of incoming calls, and that the single call example is for illustration. In 
this embodiment, a call is delivered to a hub 10 by a carrier 20, which may be 
5 AT&T, Sprint, MCI, or any telephone services carrier. As an example, two such 
carriers 20A, 20B are shown in Fig. 2. The call is initially received and processed 
by a voice response unit (VRU) 22 of which there may be one or more provided at 
the hub. Four VRU units, 22A-22D, are represented graphically in the example in 
Fig. 1 . Voice response units are known in the art, and the details of the operation 

1 0 of the VRU will not be explained here. Briefly, the VRU is a telecommunications 
computer, also called an Interactive Voice Response (IVR) unit, that responds to 
caller entered touch-tone digits and/or to the caller's voice in much the same way 
that a conventional computer responds to keystrokes or mouse clicks. The VRU 
plays digitally recorded speech that provides menu selections to the caller. The 

1 5 caller then enters the touch-tone digits that correspond to the desired menu 
selection or provides a voice response. The caller entered digits or voice 
commands can invoke options as varied as looking up account balances, moving 
the call within or to another system component, obtaining preliminary information 
from a caller, or playing a pre-recorded announcement for the caller. In a typical 

20 call center, the function of the VRU is to obtain preliminary call information, such 



OC-64246-l 




Patent 
257/081 

as the caller's identity, customer information, preliminary transaction data, or the 
like. 

When the call is delivered by the carrier, the dialed number is available 
through the carrier's Dialed Number Information Service (DNIS), and the calling 
5 telephone number is available by use of Automatic Number Identification (ANI). 
Automated or semi-automated intelligent call processing is made available by 
either or both of the ANI or DNIS provided by the carrier. In the preferred 
embodiment, the DNIS for each call is used to route the call. More particularly, 
after the call is processed at the VRU 22, the VRU 22 creates a connection to a 
10 switch 24, as described below, and connects the incoming call to the switch 24. 
As part of the process, the VRU assigns an internal DNIS that associates the call 
with its destination at the proper remote location. The internal DNIS associated 
with the call by the VRU is used by the system to route the call to its proper 
destination. 

1 5 After the call has been processed at the VRU 22A-D, it is connected to the 

programmable switch 24. Each VRU is connected to one or more switches by, for 
example, T1 voice trunk lines 26. In the preferred embodiment, the switch 24 is a 
Summa Four Model VCO/4K open, programmable switch available from Cisco 
Systems, Inc. The switch 24 allows the system to switch or otherwise process calls 

20 based upon any programmable criteria. It is desirable to have the flexibility and 
functionality that can be provided by the programmable switch, particularly in call 
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centers having a high level of call volume. The switch 24 enables scalability of 
the telecommunications system, and flexibility in building additional features or 
functionality into the system as desired. 

Although two switches 24A, 24B are illustrated in Fig. 2, the system may 
5 include more or fewer switches. Advantages to providing more switches include 
increased volume capability and increased protection in the event of a failure of 
one of the switches. The same is true of the VRU units 22A-22D illustrated in the 
Figures. The amount of system component redundancy will be a function of cost 
y3 and risk acceptance. The number of VRU units and switches shown in the 

!jf 10 Figures, and the interconnections or lack of interconnections between them, are 
Zl for illustrative purposes only, and are not intended to be limiting. 

s The switch 24 next routes the call to an ATM switch 28 by way of, for 

P example, T1 voice trunk lines 30. In the preferred embodiment, the ATM switch 

^ 28 is a Passport 6480 multiservice switch manufactured by Nortel Networks. The 

~ 1 5 ATM switch 28 provides a connection from the hub 10 to the connectivity 
member for transmission of the call to the proper remote location. 

In the preferred embodiment, the connectivity member is an ATM network 
32 providing asynchronous transfer mode (ATM) connectivity between the hub 10 
and the remote locations 12A, 12B. ATM is a signal transmission standard in 
20 which information such as voice, video, or data is conveyed in small, fixed-size 
cells. It is a technology that provides scalable bandwidth from a few megabits per 
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second (Mbps) to many gigabits per second (Gbps). ATM provides several 
advantages that make it particularly suited for use in the present 
telecommunications system, including scalable bandwidths at preferable price and 
peformance points. ATM also provides Quality of Service (QOS) guarantees that 
5 are beneficial to the performance of, for example, a call center. The ATM Switch 
28 provides a secure connection between the hub 10 and an ATM-based 
connectivity member such as the ATM Network 32. 

It is advantageous to compress the call voice signal prior to transmission 
*0 into the ATM network 32. Standard, non-compressed services may be replaced 

10 with voice signal services compressed at ratios of up to 12:1 while maintaining 
Z\ toll-quality signals. In the preferred embodiment, the call signal is compressed in 

1'' an 8:1 ratio, i.e., a conventional 64 kbps pulse code modulation (PCM) signal is 

E 

O compressed to 8 kbps, to decrease the bandwidth demand for the ATM Network. 

Jff One voice compression technology suitable for use in the present call center 

^ 1 5 system the so-called conjugate structure algebraic code excited linear prediction 
model (CS-ACELP), capable of compressing voice at the 8:1 ratio while 
maintaining the toll quality call standard. The details of the voice compression 
technology are beyond the scope of the present invention, and will not be 
discussed in detail here. Voice signal compression in the preferred embodiment is 
20 obtained by including a digital signal processor (DSP) provided by Nortel 
Networks in the ATM Switch 28. 
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Once the call signal is compressed and converted to ATM at the ATM 
Switch 28, it is carried by the ATM Network 32 to its proper destination. The 
ATM switch 28 uses the internal DNIS associated with the call to route the call to 
its proper remote location 12, based upon previously defined software control. 
5 The ATM Network 32 comprises any network providing ATM transmission 

connectivity between the call center hub and the one or more remote locations. 
The ATM Network 32 may be a single transmission line connecting the hub to a 
co-located remote location, a major carrier's national or international network of 
ATM switches and transmission lines connecting the hub to a remote location 

10 situated in another city, state, or foreign country, or something in between. In the 
preferred embodiment, the ATM Network 32 is a national network of ATM 
switches and transmission lines provided by a vendor such as AT&T for connecting 
a hub located in a different area of the country from, for example, one of the 
remote locations. The details of the ATM Network are not important to the 

1 5 function of the described call center, and will therefore not be addressed further 
here. 

The ATM Network 32 delivers the call to the remote location 1 2 to which 
the call is routed by the ATM switch 28 at the hub 10. Two such remote locations 
12A, 12B are shown in Fig. 2. In the preferred embodiment, each remote location 
20 12 is the back-end of a call center, where live operators are available to receive 
and process inbound calls. Each live operator preferably works at a workstation 
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36 equipped with a telephone or other call-receiving equipment, as well as a 
computer connected to a database containing the call center service information. 

The remote location interface with the ATM Network is another ATM 
switch 38 similar or identical to that provided at the hub. The ATM switch 38 re- 
5 converts the signal from ATM transmission to, for example, time division 

multiplexing (TDM) transmission over conventional T1 voice trunk lines 34, and 
transfers the call to an Automatic Call Distributor (ACD) 40. The ACD 40 is 
controlled to provide call routing based upon, for example, the availability of 
operators located at the remote site or other call-routing decision criteria. Once 

10 the call is routed to and received by the operator at the operator workstation 36, 
the call is processed in a manner known to those skilled in the art. 

It is preferred that the calls be carried in the integrated systems digital 
network (ISDN) format. ISDN is an international standard for telephone 
transmission. The primary rate interface (PRI) ISDN interface provides higher 

1 5 speed bandwidth than either traditional analog or comparably priced switched 
digital services. Each of twenty-three bearer (B) channels, which carries subscriber 
voice and/or data, and one D channel, which carries signaling and control 
information, provides 64 Kbits/second of bandwidth. For the bandwidth 
delivered, an ISDN line is significantly less expensive than a private leased line 

20 that supplies the same bandwidth across the three channels. Furthermore, ISDN, 
being a digital end-to-end service, provides digital transmission channels that tend 
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to be more accurate and reliable, from the standpoint of error rates and dropped 
connections, than are conventional analog connections. This accuracy and 
reliability may be important in, for example, a call center environment. Finally, 
ISDN provides signaling that works on a "look ahead' 7 basis that will detect 
network malfunctions before a call is actually routed and encounters a failure of 
some type. Accordingly, with ISDN, a backup transmission method may be 
selected upon failure detection. Internet protocol (IP or TCP/IP) is an alternative 
format, and others are known to those of ordinary skill in the art, but ISDN is 
included in the preferred embodiment. 

In Fig. 3, the telecommunications system is shown having an exemplary 
server-based systems management and applications function such as, for example, 
computer telephone integration (CTI) functions. Only a single remote location 12 
is shown in Fig. 3, it being understood that other remote locations may be within 
the system, as discussed elsewhere. Further, it should be understood that systems 
management and applications may be incorporated into the telecommunications 
system in many different ways, or not at all, with the system shown in Fig. 3 being 
but one example. The server environment may be utilized on an as needed basis, 
and is not critical to the overall functionality of components of the 
telecommunications system described above. For example, a CTI environment 
may provide additional functionality based upon information obtained by the VRU 
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units during call processing which may be communicated to the live operator at 
the remote location work station. 

In the example, a server 42 is provided at the hub 10 and is connected to 
each of the VRU units 22A-D and to each switch 24A, 24B over, for example, a 
5 local area network 44. The server 42 is preferably provided with a systems 
management software module to provide general systems control over the VRU 
units and switches. The server 42 may also be provided with any applications 
software modules needed to support the features and functions of the hub 10, 
including, for example, information used by the VRU units to interface with 

10 incoming calls. These applications software modules may utilize information 
obtained from databases maintained on the server, or from an external database 
46, as shown in Fig. 3. 

The external database 46 may be maintained at the hub 10 location, as 
shown in Fig. 3, or it may be off-site, such as at one of the remote locations 1 2 or 

1 5 at the business location of a third party providing information to be used in the 
system for processing incoming calls. Those skilled in the art will recognize that 
various forms of connectivity may be used to provide communications between 
the server 42 and the database 46, such as the local area network 44 within the 
hub 10, another LAN or WAN, or other communications network. 

20 In the preferred embodiment, the hub server 42 is connected to a remote 

site server 48 over, for example, a wide area network (WAN) 50. Alternatively, 
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the hub server 42 may be connected to the remote location server 48 over another 
public or private network. As another alternative, the hub server 42 may be 
connected to the remote location server 48 over the same network used to 
connect the hub 10 to the remote locations 12, which, in the preferred 
5 embodiment, is the ATM Network 32. 

The hub server 42 and remote location server 48 co-operate to provide data 
communication in parallel with the voice communication carried through other 
portions of the telecommunications system. A remote location local area network 
(LAN) 52 supports communication between the remote location server 48, the 

10 remote location ACD 40, a tandem switch 54, and the computer terminal provided 
at the work station 36. In this way, as the call is delivered to the work station 36, 
a screen pop associated with the call is caused to occur at the terminal of the work 
station computer. The operator is then able to process the call. 

In Fig. 4, the telecommunications system is shown having a backup 

1 5 network 56 that is provided as protection to the call center system in the event of 
failure of any of the system components. For example, if the ATM Network 32 
becomes unavailable at any time, the backup network 56 may be used to bypass 
the ATM Network 32 and direct calls to the proper remote location 12. In such a 
case, the hub switch 24, rather than routing the call through the ATM switch 28 at 

20 the hub, will route the call back through the carrier's network to the ACD 40 at the 
appropriate remote location 12. The backup network 56 may comprise, for 
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example, software defined network (SDN) services available from a long distance 
carrier such as AT&T, Sprint, or MCI, a separate voice over IP (VoIP) network, 
PSTN, or any other suitable telecommunications system. In the event of a system 
failure, the hub switch 24 may be programmed to route the call to the appropriate 
5 remote location based upon the dialed number DNIS. In this way, the backup 
network 56 is transparent to a user of the system, who will be connected to the 
, proper remote location, and the call is processed just as if it was received and 
processed through the hub as discussed above. 

The foregoing cited references, patents and publications are hereby 

10 incorporated herein by reference, as if fully set forth herein. Although the foregoing 
invention has been described in some detail by way of illustration and example for 
purposes of clarity and understanding, it may be readily apparent to those of ordinary 
skill in the art in light of the teachings of this invention that certain changes and 
modifications may be made thereto without departing from the spirit or scope of the 

15 appended claims. 
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